Many natural sounds, including speech and animal vocalizations, involve rapid sequences that vary in spectrum and amplitude. Each sound within a sequence has the potential to affect the audibility of subsequent sounds in a process known as forward masking. Little is known about the neural mechanisms underlying forward masking, particularly in more realistic situations in which multiple sounds follow each other in rapid succession. A parsimonious hypothesis is that the effects of consecutive sounds combine linearly, so that the total masking effect is a simple sum of the contributions from the individual maskers. The experiment reported here tests a counterintuitive prediction of this linear-summation hypothesis, namely that a sound that itself is inaudible should, under certain circumstances, affect the audibility of subsequent sounds. The results show that, when two forward maskers are combined, the second of the two maskers can continue to produce substantial masking, even when it is completely masked by the first masker. Thus, inaudible sounds can affect the perception of subsequent sounds. A model incorporating instantaneous compression (reflecting the nonlinear response of the basilar membrane in the cochlea), followed by linear summation of the effects of the maskers, provides a good account of the data. Despite the presence of multiple sources of nonlinearity in the auditory system, masking effects by sequential sounds combine in a manner that is well captured by a time-invariant linear system.
Introduction
Our sensitivity to sound is impaired by previous moderate stimulation for durations up to ϳ200 ms. This phenomenon, known as "forward masking," is usually quantified by measuring how much the just-detectable level (or threshold) of a target sound is raised by the previous presentation of a masker sound (Zwislocki et al., 1959; Zwicker and Fastl, 1972) . Forward masking plays an important role in the perception of speech and environmental sounds that fluctuate over time.
For a theory of forward masking to be useful in predicting the perception of everyday sounds, it must be able to predict how multiple forward maskers, such as a succession of speech sounds, interact with each other. The simplest possible model is one of linear summation, whereby the effects of forward maskers combine in an additive and linear way. Previous work in this area (Penner and Shiffrin, 1980; Humes and Jesteadt, 1989; Cokely and Humes, 1993; Oxenham and Moore, 1994) has produced results that are broadly consistent with the expected effects of linear summation, provided the stimuli are temporally nonoverlapping and are subject to a compressive nonlinearity, similar to that observed in the vibration of the basilar membrane in the cochlea (Ruggero et al., 1997) , before summation. Similarly, the effects of masker and signal duration in forward masking, and their interactions with overall level, have also been successfully modeled using a linear-summation model with front-end compression (Oxenham and Plack, 2000; Oxenham, 2001) . Conversely, responses within the auditory system are generally far from linear, with time-dependent aspects to the responses of individual neurons evident from the auditory nerve (Smith, 1977) up to auditory cortex (Brosch and Schreiner, 2000; Ulanovsky et al., 2004) .
One interesting prediction of a linear-summation model is that a masker can continue to contribute to masking even if it is inaudible. In particular, because the effect of one masker is not influenced by preceding events, it should continue to exert a masking effect, even if it is itself masked by a preceding sound. To our knowledge, there are no examples in the literature of inaudible sounds affecting subsequent perception. However, there are some examples from visual perception of subthreshold stimuli influencing the perception of subsequent stimuli. For instance, it has been shown that adaptation by a grating with a spatial frequency too high to be resolved by the visual system can nevertheless reduce observers' sensitivity to a resolvable grating at the same orientation, relative to sensitivity at the orthogonal orientation (He and MacLeod, 2001) . Similarly, stimuli with undetectable flicker frequencies can cause adaptation to flicker at detectable frequencies (Shady et al., 2004) .
The experiment presented here investigated the temporal in-teractions of the masking effects of two acoustic forward maskers. The conditions were specifically selected to address the potential influence of inaudible sounds on masking as a test of the hypothesis that sequential sounds interact linearly within the auditory system.
Materials and Methods
Stimuli. Two contiguous maskers were presented shortly before a brief pure-tone signal (Fig. 1 A) . The maskers were bands of Gaussian noise. The first masker (M1) was bandpass filtered between 2800 and 5600 Hz (3 dB cutoffs, 90 dB/octave), and the second masker (M2) was bandpass filtered between 3400 and 4800 Hz. The spectral configurations were chosen so that M1, M2, and the signal would be clearly distinguishable from each other. M1 had a total duration of 200 ms, including 2 ms raised-cosine onset and offset ramps. M2 had a total duration of 6 ms, including 2 ms onset and offset ramps. The 4 kHz pure-tone signal (S) had a total duration of 4 ms, including 2 ms onset and offset ramps (no steady state). The end of M1 coincided with the start of M2. Masker gating occurred after filtering. The silent interval between the end of M2 and the start of the signal was 0 ms except for one listener (L5), for whom the interval was 10 ms. A longer gap was selected for L5 because this listener showed initially very poor detection of the signal at the short gap, suggesting that "confusion" effects (confusing the signal for the masker) may have influenced thresholds (Moore and Glasberg, 1985; Neff, 1985 Neff, , 1986 . A longer gap reduced this possibility and improved signal detectability. Stimuli were generated digitally and were output by an RME (Haimhausen, Germany) Digi96/8 PAD 24-bit soundcard set at a clocking rate of 48 kHz. The headphone output of the soundcard was fed via a patch panel in the sound booth wall to Sennheiser (Wedemark, Germany) 580 headphones without filtering or amplification. Stimuli were presented to the listener's right ear.
Procedure. The experimental procedure ( Fig. 1 B, C ) was similar to that used in a previous study (Plack and O'Hanlon, 2003) . On each trial, listeners were presented with three observation intervals separated by 300 ms. Two intervals contained the masker(s) only, and one interval (chosen at random) contained the masker(s) plus the signal (Fig. 1 B) . Listeners were required to select the interval containing the signal (threealternative forced choice). The level of the masker or the signal was varied between trials using a "two-up one-down" (phase 1) or "two-down oneup" (phases 2 and 3) adaptive staircase to find the level at which the signal was just masked according to a 71% detection criterion (Levitt, 1971) . In the two-up one-down procedure, the level of M1 was increased by the step size after every two consecutive correct responses and decreased by the step size after every incorrect response. In the two-down one-up procedure, the level of M2 (phase 2) or signal (phase 3) was decreased by the step size after every two consecutive correct responses and increased by the step size after every incorrect response. The step size was 4 dB for the first four "turn points" (transitions between ascending and descending level) and 2 dB thereafter. In each block of trials, 16 turn points were measured, and the threshold estimate was taken as the mean level at the last 12 turn points. At least four such estimates were made for each condition in each listener, and the results were averaged.
In phase 1 of the experiment, the signal was presented at 10 dB (lowlevel conditions) or at 40 dB (medium-level conditions) above its detection threshold in quiet. The level of M1 was varied to find the level required to mask the signal (Fig. 1C) . In phase 2, M2 acted as the signal. Using the level of M1 from phase 1, the level of M2 was varied to find its masked threshold in the presence of M1. In phase 3, the level of the signal at threshold was found in the presence of M1 alone, M2 alone, and M1ϩM2. M1 was fixed at the level determined in phase 1. M2 was presented at levels above, equal to, and below its own masked threshold in the presence of M1.
Five normal-hearing listeners were tested. They were trained on the tasks until performance was stable. Listeners were seated in a doublewalled sound-attenuating booth and made their responses via a computer keyboard. "Lights" on the computer monitor indicated the time of occurrence of the observation intervals and provided feedback as to whether the response was correct or incorrect.
For four of the five listeners (L1-L4), a parallel set of trials using a 4 kHz pure-tone masker as M2 was randomly interleaved with the noise-M2 trial blocks. The additivity of masking and modeling results for the pure-tone M2 were very similar to those with the noise M2, so only the latter are presented below. Table 1 shows the absolute thresholds of the signal and the individual results from the first two phases of the experiment. If the system were linear, then it would be expected that the difference between the levels of M1 required to mask the 10 and 40 dB sensation-level signals would be 30 dB. Although this is approximately the case for L4, the difference is greater for the other listeners and almost 60 dB for L5. Differences in level growth between a forward masker and a signal have been investigated in previous studies and can be generally well accounted for by a combination of internal noise and the effects of the compressive nonlinearity in the peripheral auditory system (Plack and Oxenham, 1998; Plack et al., 2002) . Internal noise may reduce the masker level required for the low-level signal, because the internal noise contributes part of the effect required to mask the signal. This is especially true when there is compression at low levels: the more the signal is compressed, the closer in level is the internal representation of the signal to the noise floor and, hence, the greater the contribution of the noise floor to masking. A differential effect of compression on the masker and signal also leads to nonlinear growth. For example, if the masker is compressed more than the signal, then a given increase in physical masker level will require a smaller increase in physical signal level to maintain the same detectability. Because of the effects of compression, small individual differences in nonlinearity can lead to large individual differences in masked threshold.
Results
The results from phase 3 are shown in Figure The stimuli and procedure used in the experiment. A, A schematic illustration of the temporal and spectral characteristics of the stimuli. B, The temporal presentation of the stimuli for a single trial in the three-interval task (the combined-masker conditions in phase 3 are shown). The listener had to select in which of the three intervals (chosen at random) the signal was presented. C, The procedure for the three phases of the experiment. In phase 1, the level of M1 was varied to find the level needed to mask the signal. In phase 2, the level of M2 was varied to find its threshold in the presence of M1. In phase 3, the signal was varied to find its threshold in the presence of M1, M2, and M1ϩM2 (only the last condition is illustrated).
thresholds are plotted as a function of the level of M2 relative to its threshold in the presence of M1. A sensation level of 0 dB refers to an M2 level that was at threshold in the combined-masker condition (as determined in phase 2). In each plot, the signal threshold for M1 alone (M1 level was fixed for each overall level condition) is indicated by the horizontal dotted line. The amount of additional masking produced by M2 is indicated by the difference between the horizontal dotted line and the filled symbols.
In the medium-level conditions (Fig. 2 B) , across all levels of M2, the effect of combining the two maskers was usually much greater than their individual effects. The addition of M2 to M1 produced a substantial increase in masking even when M2 was below its own masked threshold. The increase in masking found with both maskers present was not as marked in the low-level conditions (Fig. 2 A) . Combined-masker thresholds for most listeners were close to those found for M1 alone for the lower M2 levels (and close for all M2 levels for listeners L3 and L4). Thus, the subthreshold masking effects appear to be much stronger at medium levels than at low levels, although in both cases, the effect of two maskers was usually greater than that of one alone (the exception being L3 at low levels).
Threshold here is defined (arbitrarily) as the level that gives 71% correct performance on the discrimination task. To provide a more rigorous test of whether M2 was detectable, independent of any specific threshold criterion, an analysis of the individual trials of the adaptive tracks from phase 2 was used to construct psychometric functions for the detection of M2 in the presence of M1. Percentage correct values were converted into measures of the detectability index, dЈ (Elliot, 1964; Hacker and Ratcliff, 1979) . These functions are shown in Figure 3. For the mediumlevel conditions, for four of the five listeners (L2, L3, L4, and L5), detection of M2 was effectively at chance (33% correct) when M2 was at a sensation level of Ϫ8 dB or less during an adaptive track. For these four listeners, linear fits to plots of dЈ against M2 sensation level had dЈ ϭ 0 (chance performance) intercepts ranging from Ϫ7.8 to Ϫ2.0 dB. Thus, at sensation levels of Ϫ9 and Ϫ12 dB, M2 was completely inaudible, yet it still made a substantial contribution to masking when combined with M1 (mean threshold increase of 7.1 dB).
Linear-summation model
To test the hypothesis that the summation of the masking effects is a linear process, thresholds from phase 3 were simulated using a computational model of auditory processing. The model was similar to that used in previous studies to model forward masking and the additivity of nonsimultaneous maskers (Penner, 1980; Plack and O'Hanlon, 2003) . The model assumes that the responses to the maskers and the signal are combined at some stage in the auditory system, although an advantage of the present approach is that it is not necessary to specify the nature of the combinatorial mechanism or how the temporal response declines over time. Hence, because the temporal locations of the maskers and signals in this experiment remained constant, it was not necessary to include a time parameter in the simulations. The temporal parameters of forward masking have been dealt with in previous studies (Plack and Oxenham, 1998) . The initial transformations (preprocessing) involved simulating the effects of basilar-membrane compression and hair-cell rectification. Compression was assumed to be instantaneous, applied to the intensity of the signal at the peak in the signal envelope. The input-output function was a third-order polynomial in decibel/decibel coordinates, with three parameters. In units of intensity, this becomes f͑ x͒ ϭ 10 
where x is input intensity, and a, b, and c are the coefficients of the polynomial. (The constant or intercept in the equation is not constrained by the data and does not affect the predictions of the model.) A separate polynomial was derived for each listener and for the mean data (Fig. 4 A) . A second version of the model with no free parameters was also tested on the mean data, using a third-order polynomial fit to physiological data from the chinchilla cochlea (Ruggero et al., 1997) as the input-output function (Fig. 4 B) . Direct measurements from a chinchilla are a reasonable choice for modeling human performance because the frequency and dynamic range of chinchilla hearing is similar to that of humans (Heffner and Heffner, 1991) . It was assumed that the form of the input-output function does not vary significantly between the 4 kHz place investigated here and the 10 kHz place investigated by Ruggero et al. Finally, a version of the model with no compression (linear input-output function) was tested. After the simulation of compression and rectification, the responses to the stimuli (maskers and signal) were assumed to add linearly. Detection of the signal was based on the signal-tomasker ratio after preprocessing and summation, and this ratio was assumed to be constant at threshold for all conditions. This means that a measure of the masking effect can be taken as the signal intensity at masked threshold after basilar-membrane compression:
where E is the masking effect, and S is the signal intensity at threshold. Assuming that the effects of two maskers sum linearly,
where E M1 , E M2 , and E M1ϩM2 are the masking effects produced by M1, M2, and M1 and M2 combined. Substituting from Equation 2 and solving for S gives the following:
where S M1 and S M2 are the signal intensities at threshold in the presence of M1 and M2, respectively, and S M1ϩM2 is the signal intensity at threshold in the presence of M1 and M2 combined. Using this equation, and the simulated basilar-membrane inputoutput function as the function, f, the thresholds from each masker alone in phase 3 (S M1 and S M2 ) were used as the input to the model, and the thresholds in the presence of both maskers (S M1ϩM2 ) were predicted. In the case of the fitted polynomial basilar-membrane input-output functions (Fig. 4 A) , the parameters were selected to minimize the sum of the squared deviations of the model predictions from the thresholds in the combinedmasker conditions. For the individual data, the predicted combined thresholds (M1ϩM2) of the model using the fitted polynomials and the model using a linear input-output function are shown in Figure  2 as solid and dashed curves, respectively. The model incorporating a simulation of basilar-membrane compression provides a good account of the data. For each listener, a single third-order polynomial can account for both the low-and medium-level thresholds. As shown in Figure 4 , there are some differences between the polynomials for the different listeners, but the overall forms of the functions are similar (note that the vertical positions of the functions are arbitrary). The compression exponents (slopes of the polynomials) in the mid-level region [40 -70 dB sound pressure level (SPL)] averaged 0.20, 0.21, 0.23, 0.28, and 0.15 for L1, L2, L3, L4, and L5, respectively. These are within the range of values found in previous psychophysical and physiological studies. For example, over the same level range, the average compression exponent for the fit to the chinchilla data shown in Figure 4 was 0.23. The model assuming a linear basilarmembrane response (Fig. 2, dashed curves) produces very poor predictions, particularly for the medium-level conditions.
The mean data from phase 3 and the predictions of the models Figure 4 . A, Third-order polynomials representing the basilar-membrane input-output function. The seven functions are those derived from the individual data, the mean data, and the data of Widin and Viemeister (1980) (W&V) and were used in the simulations described in Results. For each function, basilar-membrane velocity [expressed as 20log 10 (linear velocity) in decibels] is plotted for input levels up to the maximum level constrained by the data (i.e., the maximum signal threshold). The functions have been staggered vertically for clarity (the intercept is arbitrary and is not constrained by the data). B, The response of the chinchilla basilar membrane at a place with a characteristic frequency of 10 kHz (Ruggero et al., 1997) . Basilarmembrane velocity in decibels (relative to 1 m/s) is plotted as a function of the level of a 10 kHz pure tone. The line shows the third-order polynomial fitted to these data, as used in the simulations described in Results.
are shown in Figure 5 . Overall, the predictions of the two models assuming a compressive basilar-membrane nonlinearity are reasonably accurate. In particular, the models predict strong effects of M2 in the medium-level conditions, even when M2 is well below its own masked threshold, and correctly predict a smaller increase in masking in the low-level conditions than in the medium-level conditions. This is because the nonlinearity in both models is less compressive at low levels than at medium levels. As expected, the model using a fitted polynomial is more accurate than the model based on the animal physiological data. The latter tends to under-predict thresholds slightly in the medium-level conditions, particularly for the lower levels of M2 (Fig. 5B) . However, even this model, which has no free parameters, accounts well for the effects of combining two maskers. Again, the model assuming a linear basilar-membrane response produces a very poor fit. Widin and Viemeister (1980) conducted an experiment broadly similar to that presented here, in which the two maskers (M1 and M2) and the signal were all 1 kHz pure tones, with 10 ms raised-cosine onset and offset ramps and no steady state. The silent interval between M1 and M2, and between M2 and the signal, was 6.5 ms. Although their reliable data (see below) did not include subthreshold levels of M2, they measured the effects of combining maskers over a range of M1 and M2 levels that provide an additional test of the linear-summation hypothesis. Their mean results are shown in Figure 6 . A shows the results with a fixed M1 level and variable M2 level (Widin and Viemeister argued that the combined-masker thresholds for the lower levels of M2 were artificially low because of equipment limitations, and the lowest two values are omitted), and B shows the results with a fixed M2 level and variable M1 level. The signal thresholds are all relatively low, similar to those obtained in the low-level conditions of the present study. The dashed lines show the predictions of the linear-summation models described above, one with a fitted polynomial (Fig. 4) and one with a polynomial derived from the chinchilla data. Although the fits are not as good as those in Figure 5 , the model predictions are close to the combined-masker thresholds.
As a final test of the model, predictions of the single-masker thresholds of Widin and Viemeister (i.e ., the thresholds in the presence of M2 alone and M1 alone) were calculated assuming that the relative growth rates of signal and masker were determined by each of the two polynomials (fitted and chinchilla). The analysis was conducted to determine whether the growth of signal threshold with masker level is consistent with the effects of combining two maskers, on the assumption of linear summation. Signal threshold was assumed to be given by the following:
where S is the signal intensity at threshold in the presence of a masker with intensity M. f is the simulated basilar-membrane input-output function. N 0 is related to the level of an internal noise floor, assumed to limit performance for signal levels close to absolute threshold. N 0 is usually derived from the absolute threshold for the signal, by finding the value of N 0 for which the absolute threshold is equal to S when M ϭ 0 (Plack and Oxenham, 1998) . Because absolute threshold was not available for the Widin and Viemeister data, absolute threshold in the simulation was assumed to be equal to the lowest signal threshold measured (17.3 dB SPL). k is a measure of the efficiency of signal detection and of the temporal decay of forward masking and was assumed to be constant for a given temporal configuration of signal and masker. The value of k was varied adaptively to minimize the sum of the squared deviations of the predictions from the data. The analysis was performed independently for the M2 data (Fig. 6 A) and for the M1 data (Fig. 6 B) . Because the fitted polynomial was only constrained for low input levels (Fig. 4 A) , the predictions using this function are only shown for the three lowest masker levels in each case. The two versions of the model provide a good fit to the data. This form of analysis is possible for the data of Widin and Viemeister (1980) because their maskers and signals were all pure tones of the same frequency. However, because our data involved noises of different bandwidths, covering a wide range of frequencies, a similar simple analysis was not possible.
Discussion
The main finding of the present study is that stimuli below masked threshold can contribute substantially to decreasing the audibility of subsequent stimuli. This counterintuitive result can be explained by a simple model in which physiologically realistic compression is followed by linear summation. Linear summation implies that the contribution of inaudible maskers is the same as when they are audible. Forward masking does not reduce the masking effectiveness of stimuli, at least not over the range of levels tested here. 
Related findings
Other results are also consistent with effectively linear postcochlear processing in forward masking (for review, see Plack et al., 2002) . For example, a given increase in the level of a forward masker produces a much smaller increase in the signal level at threshold, for signal levels less than ϳ30 dB SPL [Munson and Gardner, 1950; Widin and Viemeister, 1980 (see also Fig. 6 ); Jesteadt et al., 1982; Moore and Glasberg, 1983] . It has been argued that the shallow, nonlinear growth of forward masking with level is a consequence of the masker level falling within the highly compressive portion of the basilar-membrane input-output function, and the lower-level signal falling within the more linear portion of the function (Plack and Oxenham, 1998; Plack et al., 2002) . Hence, a given increase in masker level has a much smaller physiological effect than the same increase in signal level, resulting in a shallow masking function. A prediction of the linearsummation model is that, in the absence of basilar-membrane compression, the growth of forward masking should be linear. The prediction has been tested by measuring forward masking in listeners with moderate cochlear hearing loss. These listeners should have reduced or absent basilar-membrane compression, because direct measurements in nonhuman mammals suggest that cochlear dysfunction is associated with a linear basilarmembrane response (Ruggero and Rich, 1991; Ruggero et al., 1997) . Consistent with the prediction of the linear-summation model, growth of forward masking is approximately linear for hearing-impaired listeners: a given increase in masker level produces approximately the same increase in signal level at threshold (Oxenham and Moore, 1995) . Similarly, a prediction of the linear-summation model is that listeners without cochlear compression should display linear masking additivity, such that a combination of two equally effective maskers should produce a 3 dB increase in threshold compared with the individual masker conditions. This has been confirmed by measuring the effects of combining forward and backward maskers for listeners with cochlear hearing loss (Oxenham and Moore, 1995) .
Because we do not know the exact form of an individual's basilar-membrane input-output function, it is hard to exclude the possibility of postcochlear nonlinearities in the context of the current model. However, the present results and previous results are at least consistent with a linear systems-analysis approach to predicting masking in everyday situations with multiple sound sources, despite the obvious nonlinearities at earlier stages in the auditory pathways and the sparse, feature-dependent representations found in auditory cortex (Nelken, 2004) . Linear systems are far easier to describe and to investigate than nonlinear systems because the response to multiple inputs can be derived by summation and the contribution of each input is independent of other inputs. Our results indicate that some important aspects of hearing may be illuminated by a relatively simple formulation and provide a behavioral example of linearity, which has also been found to provide a reasonable description of specific aspects of auditory processing in the auditory nerve (Carney and Yin, 1988) and in auditory cortex (Kowalski et al., 1996a,b) .
